In a hearing instrument context the transducers design has to be optimised for optimal performance in the installed configuration. This is typically behind or inside the outer ear of the instrument's wearer. Several examples will be shown where the in-situ acoustics is taken into account in the design or selection process of transducers. In this process acoustic modelling is used extensively. Transducers are modelled by network analogues and they are coupled under defined impedance conditions to 3D numerical acoustics models which incorporate the in-situ influence of e.g. the wearer's ear anatomy. Moreover, in some cases the modelling also includes part of the signal processing present in the hearing instrument.
INTRODUCTION
Electroacoustic transducers used in hearing instruments need to satisfy a multitude of constraints. Both the microphone and the loudspeaker, usually referred to as a receiver in the hearing instrument world, need to be small, consume little electrical power and operate over a large portion of the audible frequency range. The electronic noise generated by the microphone needs to be low enough such that it does not mask soft sounds. The acoustic output of the receiver needs to be high enough such that the hearing loss can be adequately compensated.
MODELLING APPROACH
In this section the modelling approach used in the research is briefly outlined. The acoustics within a hearing instrument context can be divided into two domains. In the first domain no or only one-dimensional wave propagation effects are present at the frequencies of relevance and this domain includes the transducers, tubings and the ear canal. Here, network analogue circuits model in a simplified but very appropriate way the acoustics. In the second domain the wave propagation occurs in two or three dimensions which is typical for the sound field around the head-worn hearing instrument. Here, the model needs to be based directly on the acoustic wave equation. The two models are now described in further detail. Fig. 1 shows the analogous circuit of an electret microphone used in hearing instruments. Roughly speaking, the elements in the bottom half are in the acoustic domain and represent the volume and tubing in front and behind the membrane with excitation pressures p f and p b , elements with subscript d are the mass, compliance and damping of the diaphragm in the mechanical domain and all other elements are in the electrical domain. For a more detailed definition of each element see Thompson et al. [1] . Analogous circuits can be derived for the balanced-armature receiver used in hearing instruments and for acoustic elements such as lossy transmission lines and the ear drum impedance. 
Network analogue model
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3D wave equation model
For the direct numerical solution of the wave equation well known methods such as the finite element method (FEM), the boundary element method (BEM) or the finite-difference time-domain method (FDTD) exist. For the simulation of the sound field around the human torso, head and ear the BEM was chosen because only the boundary of the domain (the head surface) needs to be modelled and sound sources can be positioned in the far-field without a penalty on the grid size. The BEM is further accelerated through the use of the fast multipole method (FMM) [2, 3] and by exploiting the principle of reciprocity [4] . When exchanging source and receiver, the reciprocity principle allows one to obtain the directivity pattern for one microphone position on the head by numerically solving the problem only once per frequency. For a given microphone position and frequency the calculation times on a current generation personal computer are then 1 minute for frequencies below 1 kHz and up to 15 minutes for a frequency of 4 kHz.
Coupling
It is possible to couple a network analogue model to a wave equation model in either direction. Using one-way coupling each model can be solved separately under defined source and load impedances as well as defined values of pressure or volume velocity at the boundary interface. Fig. 2 shows the example of modelling the acoustic feedback path from the receiver to the microphone in a hearing instrument. The volume velocity U Vent at the vent opening is caused by the sound pressure inside the ear canal and generates the sound field around the head. In principle, the radiation impedance is needed as a load impedance in the network analogue and the 3D BEM model must include the source impedance from the network analogue but because the source impedance is several orders of magnitudes larger than the radiation impedance, the coupling has been simplified by omitting these terms. Similarly, the input impedance of the microphone has been taken as infinity in the 3D BEM model which is a reasonable approximation in the current context.
RESULTS
In this section the acoustic transducer and sound field models that were introduced in the previous section are now used to investigate a number of performance issues within a hearing instrument context. Fig. 3 shows the typical locations of behind the ear (BTE) and in the ear (ITE) hearing instruments on a human ear model. Note that the microphones of a BTE hearing instrument typically sit more above than behind the ear.
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Acoustical directional microphone in free-field and in the ear
It is a well known principle that a directional microphone can be achieved acoustically by exposing both the front and the back of the diaphragm to the sound field pressure through two separate openings. Since the openings are not at the same location, the pressure, given by p f and p b in Fig. 1 , is not the same. With this microphone the directivity is defined by the value of an acoustic resistor (part of R b ) in the back path that is typically realised by a resistive grid. The values for p f and p b are simulated here with the 3D BEM.
The leftmost graph of Fig. 4 shows the directivity of such a directional microphone in free field. The directivity is cardioid-like with the maximum pointing to the front (left in the figure) . The centre graph of the figure shows the directivity that results when the same microphone is part of a hearing instrument mounted in the ear (ITE) position. It can be seen that the attenuation of sound arriving from the back, and to a lesser degree from the side, is reduced significantly and this is not desirable. The rightmost graph of Fig. 4 shows the directivity that results when the value of resistor R b is halved. It is evident that the attenuation of sound from the back has increased again and this example thus clearly illustrates that the directivity of a directional microphone has to be optimised for best in-situ performance. 
Electrical directional microphone
Another way of achieving directionality is by electrically combining the signals from several omni-directional microphones that form a microphone array. In the hearing instrument world a solution that is encountered frequently is the use of two omni-directional microphones in an end fire arrangement whose signals are combined in a DSP algorithm. This can be written as
where p f and p b are the pressure at the openings of the front and back microphones, that can again be simulated with the 3D BEM, and S f (ω) and S b (ω) their sensitivities. The directivity is determined by H(ω) and thus can be adjusted electronically. For example, with H(ω) = 1 a figure-eight directivity results in free field.
It is evident from Eq. (1) that the directivity changes when S f (ω) = S b (ω) and it is now investigated what effect a variation in microphone parameters has on the directivity. Both a behind the ear (BTE) hearing instrument at 0 • with a microphone distance of 12 mm and an in the ear (ITE) hearing instrument with a microphone distance of 5 mm are considered. The smaller distance for the ITE is due to space constraints in the ear. The value of H(ω) was set such that the maximum attenuation occurs for exactly the back direction and the leftmost graph in Fig. 5 shows the resulting directivity at 500 Hz for the BTE position with S f (ω) = S b (ω). The centre graph of the figure shows the directivity that results when the parameters of one microphone are varied and therefore S f (ω) = S b (ω). To achieve this, the values of R p , C d and the ratio of the transformer from the mechanical to the electrical domain (c.f. Fig. 1 ) were all varied by 10% from their nominal values. Manufacturing tolerances are a typical cause for such parameter variations [5] and, as seen in the centre graph, the effect is that the attenuation of sound from the back is reduced to less than 10 dB. The rightmost graph of the figure shows the equivalent directivity pattern for an ITE hearing instrument with microphone mismatch. The effect of microphone parameter variation on the directivity pattern is clearly much higher for the in-the-ear position and the reasons are the much shorter microphone distance and the presence of reflections in the concha. Both phenomena reduce the acoustic phase difference between the two microphones in the sound field.
Another issue is the sensitivity of the directivity to position variation of the microphones on or behind the ear. The left graph of Fig. 6 shows the directivity pattern that results when the BTE hearing instrument is in the nominal 0 • position on the head. As designed, the maximum sensitivity occurs from the front and the largest attenuation occurs from the back. Due to individual ear anatomy variation it may happen that the hearing instrument is located such that the axis connecting the two microphones is now pointing upwards at an angle of 40 • as illustrated in Fig. 3 . The right graph of Fig. 6 shows that the directivity pattern is then tilted and the largest sensitivity is no longer exactly from the front and the attenuation from the back is also reduced. Due to the different influence of scattering by the torso, head and ear the resulting directivity pattern is not simply the directivity pattern for 0 • tilted by 40 • .
Feedback path
Much like any electroacoustic system such as a public address system the performance of a hearing instrument is also affected by acoustic feedback from the loudspeaker output back to the input of the microphone. An appropriate hearing instrument model was already introduced in Fig. 2 . The dependence of the feedback on the microphone position was investigated. The amount of acoustic feedback greatly depends on the extent to which the ear canal is sealed to the outside. Here, it was assumed that the ear canal is completely sealed except for a vent of 1 mm diameter and 10 mm length. Further, the receiver was a Knowles BK1600 type and the microphone a Knowles TO38 type. Fig. 7 shows the magnitude of the feedback path for the entire electroacoustical chain and for three microphone positions defined in Fig. 3 . From the figure, the feedback path to the in ear microphone is 15 dB higher than that to the other two microphones and this is because of the microphone's proximity to the vent opening. The curves for the other microphone positions are fairly similar except that at higher frequencies pinna shadowing causes a reduction in magnitude for the microphone behind the ear. The general shape common to all three curves is defined by the receiver frequency response.
Microphone noise performance
When simulating the microphone analogous circuit of Fig. 1 with an electrical network simulator such as SPICE [6] , it is possible to perform a noise analysis in which resistors (thermal noise) and active elements such as transistors are the sources. By using this model, Thompson et al. [1] have shown that the noise spectrum in electret microphones used for hearing instruments is dominated by the flow resistance through the pierce hole of the diaphragm and by the flow resistance through the sound entry opening. This corresponds to R p and R f in Fig. 1 .
With a hearing instrument the noise performance is further also determined by the amount of acoustic gain resulting from a given microphone position on/in the ear. A larger acoustic gain means less electrical gain is required for the same amount of total gain and therefore less amplification of the microphone noise. In audiological acoustics this acoustic gain is referred to as the microphone location effect. It is defined as the sound pressure magnitude at the microphone due to a source from the front relative to the sound pressure magnitude of a microphone in free field at the same distance from the source. Fig. 8 shows the noise spectrum of the Knowles TO38 microphone at the three previously defined positions on/in the ear. At frequencies above 2 kHz reflections in the concha increase the sound pressure which is why the microphone in the ear exhibits the lowest noise spectrum. By contrast, shadowing by the pinna causes the microphone behind the ear to feature the highest noise spectrum. For the microphone above the ear the rapid fluctuations at higher frequencies may be caused by interference of scattered sound.
